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1001 —— Initiate call between telephony devices 110.
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1
SYSTEMS AND METHODS TO HANDLE
CODEC CHANGES IN CALL QUALITY
CALCULATIONS

FIELD OF THE INVENTION

The present invention relates to monitoring quality of
audio communications, and more particularly, to monitoring
call quality of audio communication that accounts for mid-
call codec changes.

BACKGROUND OF THE INVENTION

Packet-based networks, in particular, Voice Over IP
(VOIP) networks, are rapidly emerging as a viable alternative
to traditional telephony (that is, circuit switched networks).
VOIP is viewed as an attractive option for voice transport in
that it allows live voice conversations to be integrated with
existing [P data and image applications. To be a truly com-
petitive alternative, VOIP must emulate the performance of
traditional telephony and do so using a protocol that was
optimized for data traffic. The characteristics of data traffic
are quite different from those of voice traffic, however.

Unlike data traffic, voice traffic is extremely intolerant of
delay and delay variation (or “jitter”), as well as packet loss.
Much work has been done in the area of packet delivery to
provide end-to-end Quality of Service (QoS). Service level
agreements (SLAs) for VOIP, like those for conventional data
IP networks, therefore tend to be based on conventional data
network metrics, that is, guaranteed service levels are
expressed solely in terms of packet level performance, e.g.,
packet loss, delay, jitter.

Another important aspect of voice communications quality
that is not reflected in the data network metrics, however,
relates to the sound of a voice call from the perspective of the
listener. Standardized techniques exist for measuring this
aspect of voice quality. Typically, to support voice commu-
nications, VOIP networks encode the audio and format the
encoded audio into packets for transport using an IP protocol.
Consequently, the results of these voice quality tests are
greatly affected by choice of coding techniques.

One approach utilizes a standardized ranking system called
the Mean Opinion Score (MOS). The MOS system uses a
five-point scale: excellent (5); good (4); fair (3); poor (2); and
bad (1) wherein a level of quality indicated by a score of 4 is
considered to be comparable to “toll quality”.

SUMMARY OF THE INVENTION

The purpose and advantages of the below described illus-
trated embodiments will be set forth in and apparent from the
description that follows. Additional advantages of the illus-
trated embodiments will be realized and attained by the
devices, systems and methods particularly pointed out in the
written description and claims hereof, as well as from the
appended drawings.

To achieve these and other advantages, and in accordance
with the purpose of the illustrated embodiments, in one
aspect, described is a system and method for determining call
quality for a VOIP communication after occurrence of VOIP
communication setting changes. The system and method
includes obtaining one or more measurements from a VOIP
communication that is indicative of call quality. One or more
settings of the VOIP communication are changed subsequent
to obtaining the one or more call quality measurements. The
call quality of the VOIP communication is determined after
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occurrence of the setting changes by utilizing at least one of
the one or more call quality measurements.

Determining the VOIP call quality may preferably include
utilizing an le-eff value of the VOIP communication that was
obtained prior to the changing of one or more settings to
determineanl, , value for the VOIP communication after the
changing of the one or more settings. Changing the one or
more settings of the VOIP communication may include
changing at least one of a codec utilized for the VOIP com-
munication and a bit rate of a Variable Bit Rate (VBR) codec
utilized for the VOIP communication.

In certain illustrated embodiments of the invention, when
data communication of the VOIP communication transitions
from a burst to a gap, a first I, value is determined for a
segment prior to the burst to gap transition and an I, ...
value is determined for the burst to a gap transition. And when
data communication of the VOIP communication transitions
from a gap to a burst, a second I ,,,,.,, value is determined for
the segment prior to the gap to burst transition and an
L gup—bursey value is determined for the gap to burst transition.
Thus, it is to be appreciated the VOIP call quality is then
determined by utilizing a time-weighted average for each of
the first and second calculated 1,,,,,, values and the calcu-
lated I, burst—gap) aqd L gup—sursey values upon termination of'a
VOIP communication.

BRIEF DESCRIPTION OF THE DRAWINGS

So that those having ordinary skill in the art, to which the
present invention pertains, will more readily understand how
to employ the novel system and methods of the present inven-
tion, certain illustrated embodiments thereof will be
described in detail herein-below with reference to the draw-
ings, wherein:

FIG. 1 illustrates a system diagram of an exemplary use of
an embodiment of a system for handling changes to the codec
and/or the settings when calculating VOIP call quality;

FIG. 2 is a flowchart that illustrates an exemplary process
of calculating VOIP call quality according to the embodiment
of FIG. 1;

FIG. 3 is a flowchart that illustrates an exemplary process
of calculating I, for a previous segment of a VOIP call after
the ascribed data rate changed;

FIG. 4 is a flowchart that illustrates an exemplary process
of calculating I for a previous segment of a call after the
VOIP CODEC changed or VBR codec was modified; and

FIG. 5 illustrates an exemplary embodiment of a comput-
ing device as used in the embodiment of FIG. 1.

DETAILED DESCRIPTION OF CERTAIN
EMBODIMENTS

The below illustrated embodiments are directed to systems
and methods for handling mid-call codec or settings changes
when calculating the quality of VOIP calls in which a com-
ponent or a feature that is common to more than one illustra-
tion is indicated with a common reference. It is to be appre-
ciated the below illustrated embodiments are not limited in
any way to what is shown, as the illustrated embodiments
described below are merely exemplary of the invention,
which can be embodied in various forms, as appreciated by
one skilled in the art. Therefore, it is to be understood that any
structural and functional details disclosed herein are not to be
interpreted as limiting, but merely as a basis for the claims and
as a representative for teaching one skilled in the art to vari-
ously employ the certain illustrated embodiments. Further-
more, the terms and phrases used herein are not intended to be
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limiting but rather to provide an understandable description
of the certain illustrated embodiments.

Unless defined otherwise, all technical and scientific terms
used herein have the same meaning as commonly understood
by one of ordinary skill in the art relating to the below illus-
trated embodiments. Although any methods and materials
similar or equivalent to those described herein can also be
used in the practice or testing of the below illustrated embodi-
ments, exemplary methods and materials are now described.

It must be noted that as used herein and in the appended
claims, the singular forms “a”, “an,” and “the” include plural
referents unless the context clearly dictates otherwise. Thus,
for example, reference to “a stimulus™ includes a plurality of
such stimuli and reference to “the signal” includes reference
to one or more signals and equivalents thereof known to those
skilled in the art, and so forth.

It is to be appreciated the certain embodiments described
herein are preferably utilized in conjunction with a software
algorithm, program or code residing on computer useable
medium having control logic for enabling execution on a
machine having a computer processor. The machine typically
includes memory storage configured to provide output from
execution of the computer algorithm or program. As used
herein, the term “software” is meant to be synonymous with
any code or program that can be in a processor of a host
computer, regardless of whether the implementation is in
hardware, firmware or as a software computer product avail-
able ona disc, amemory storage device, or for download from
a remote machine. The embodiments described herein
include such software to implement the equations, relation-
ships and algorithms described herein. One skilled in the art
will appreciate further features and advantages of the certain
embodiments described herein thus the certain illustrated
embodiments are not to be understood to be limited by what
has been particularly shown and described, except as indi-
cated by the appended claims.

As will be appreciated from the below description of cer-
tain illustrated embodiments, the methods described herein
provide a means to quantify the quality of VOIP communi-
cations over a network, even if the communications incorpo-
rate modifications to the codec and/or the ascribed bit rate in
the VOIP communication.

In one example, a Voice Over IP (VOIP) call is initiated
between two or more devices. The VOIP call preferably uti-
lizes a codec to minimize bandwidth requirements for the
network(s). Communications over networks, and particularly
over the internet, will commonly experience interruptions or
delays. These interruptions may be referred to as a “burst” of
packets (e.g., a TCP/IP packet) being dropped and/or late.
When the network is performing without problems, there will
be “gaps” of no, or very few, packets being dropped or late.
Thus, a typical VOIP call, or other communication over com-
puter networks, will commonly experience bursts and gaps
regarding the rate of communications.

Itis common practice to use codecs with VOIP calls. Codec
encode, or compress, the data to be communicated over the
network, thus reducing the likelihood of individual packets
arriving late or never. When the data arrives at the destination,
the same codec is preferably used to decode, or decompress,
the data.

Different codecs compress the data to different ratios. Gen-
erally speaking, the more a codec compresses the data, the
lower the quality of the sound/video being communicated,
but the greater the chance the communication arrives on time.
The contrapositive observation is that, the less a codec com-
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presses the data, the higher the quality of the sound/video
being communicated, but the greater the chance the commu-
nication arrives late or never.

Over the course of a typical VOIP call, ifa device in a VOIP
call detects that more packets are being dropped, the device
may compensate by initiating the use of a different codec that
compresses the data more. Thus, the communication data,
being smaller, may have a greater likelihood of not being
dropped and/or late.

Alternatively, if a device in a VOIP call detects that fewer
packets are being dropped, the device may attempt to take
advantage of the increased available bandwidth by initiating
the use of a different codec that compresses the data less.
Thus, the communication data, when decoded at the destina-
tion, would contain more granular information about the
audio/video being sent, and therefore the perceived quality of
the call would increase.

There are some codecs that are variable bit rate (VBR).
When these codecs are utilized, rather than the device chang-
ing the codec in response to changed network conditions, the
device may change the ascribed bit rate of the VBR codec.
The motivation and results of changing the bit rate for VBR
codecs may be very similar to the motivation and results of
changing the entire codec as described above.

However, when a codec changes, or when the ascribed bit
rate of a VBR codec changes, it can be unclear how this
change should affect calculations relating to the quality of the
call, if it all. The embodiments herein relate to a method of
calculating call quality when the codec or ascribed bitrate has
changed during the call.

When analyzing the quality of a VOIP call, the mean opin-
ion score (MOS) may be used. To get a true MOS for a call,
each user of the VOIP call should be queried for their “opin-
ion.” However, there also exists at least one method for cal-
culating an estimated MOS for each phone call. Per the Inter-
national Telecommunication Union (ITU) Recommendation
ITU-T G.107, published December 2011, the following equa-
tions may be used to calculate an estimated MOS:

MOScor = 1 +0.035R + R+ (R-60) « (100- R) # (7« 107%) (9]

R=Ro—Is—Id—lgz+A 2)
PPL 3)
Ieff = le + (95 —Ie) = FPL
BurstR)+BPL
leff =1le + (95 - I PPL @
off =le+O5—le)+ pprppr

Per ITU-T G.107, PPL is the packet-loss probability, and
BPL is the packet-loss robustness factor. The variables I, and
BPL may be derived by using codec-specific values as sup-
plied in Appendix I of ITU-T G.113 for several codecs. The
variable “Is” represents the simultaneous impairment factor,
and the variable “Id” represents delay impairment factor.

With respect Equation #3, in some situations, such as when
packet loss is random, BurstR may be held to equal 1 (see
ITU-T G.107, page 7), in which case, Equation #3 resolves to
Equation #4.

One difference between the embodiments described herein
and how the above equations may typically be used is that, in
this disclosure, the I, value for a codec may be supplied by the
I,_.of the previous codec.

Referring now to FIG. 1, a hardware diagram depicting a
telephony monitoring system 100 in which the processes
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described herein can be executed is provided for exemplary
purposes. In one example, as shown in FIG. 1, system 100
preferably includes telephony device 110 and server 120,
wherein both telephony device 110 and server 120 preferably
include monitoring engine 200. Monitoring engine 200
includes communications module 210, calculation module
220, and settings 230, wherein settings 230 preferably
include codec 231 and ascribed bit rate 232.

Turning now to FIG. 2, displayed therein is an exemplary
use 1000 of the embodiment shown in FIG. 1. Starting at step
1001, a VOIP call is initiated between telephony devices 110.
In one embodiment, the VOIP call may involve communica-
tions directly between telephony devices 110 over network
50. Alternatively, the call may involve communications
between each telephony device 110 and server 120, wherein
server 120 functions as an intermediary between telephony
devices 110.

Proceeding to step 1002, when the VOIP call is initiated,
settings 230 are configured, wherein settings 230 includes
codec 231. Sending device 110 utilizes codec 231 software to
encode data before the data is communicated, and then
receiving device 110 utilizes codec 231 to decode the data
when received.

Communications module 210 of at least one device 110
perceives a change in the amount and/or speed that the data is
being received (step 1003). In one situation, data in the call
may have been initially received at device 110 well within
standard parameters (i.e., a “gap”), and then device 110 may
perceive that the data is slower to arrive (i.e., a “burst™). Thus,
this transition would be a gap to burst transition. Alterna-
tively, the perceived transition may be a burst to gap transi-
tion.

As can be found in existing literature, calculating the I for
these transition periods may be performed using the follow-
ing formulas:

leff (burst — gap) = (5)
leff (burst) — (leff (burst) — leff (gap — burst)) = e"(— g)
leff (gap — burst) = (6)

leff (gap) + (leff (burst — gap) — leff (gap)) = e"(— ;%)

The variables “b” and “g” are the duration of the burst or
gap, respectively. The variable “t1” represents the time period
between (1) when the quality of the call starts to improve, and
(2) when the user perceives the quality of the call has
improved. Generally, although not necessarily, this variable
will be greater than zero seconds, such as, for exemplary
purposes only, two seconds or five seconds. The variable “t2”
represents the time period between (1) when the quality of the
call starts to deteriorate, and (2) when the user perceives the
quality of the call has deteriorated. Generally, although not
necessarily, this variable will be greater than zero seconds,
such as, for exemplary purposes only, two seconds or fifteen
seconds.

Calculation module 220 calculates the I, for the previous
segment (step 1004). Turning now to FIG. 3, illustrated
therein is an exemplary process of performing step 1004 of
FIG. 2.

Communications module 210 informs calculation module
220 whether the transition detected was a burst to gap transi-
tion, or a gap to burst transition (step 1004B). If the transition
detected was a burst to gap transition, method 1004 proceeds
to step 1004C. Calculation module 220 calculates the
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Logtpuursey (Step 1004C), and calculation module 220 calculates
the Iss,rsr—gap) transition (step 1004D).

Alternatively, if the transition detected was a gap to burst
transition, method 1004 proceeds to step 1004E. Calculation
module 220 calculates the Iz, (step 1004E), and calcu-
lation module 220 calculates the g,/ gup) transition (step
1004F).

It is noted herein, the first time either step 1004D or step
1004F is executed, I.ej;,(ga}H burst) and.Ieﬂ bursi—gapy 40 DOt have
values yet. Accordingly, the first time step 1004D or step
1004F is executed, the other transition value is held to be zero.
More specifically, if step 1004D is executed first, when the
Logtpuursi—sgapy 18 calculated, the Iz s transition value is
heldto be zero. Similarly, if step 1004F is executed first, when
the L gpup—burssy 15 calculated, the Iy, g, transition
value is held to be zero.

Returning to FIG. 2, settings 230 of the VOIP call may be
modified, wherein the modification may be of codec 231
and/or the ascribed bit rate 232 (step 1005). Changing codec
231 typically involves substituting a new codec 231. Chang-
ing ascribed bit rate 232 involves modifying the selected bit
rate, wherein the selected bit rate is an element of a variable
bit rate (VBR) codec.

The 1, is calculated by calculations module 220 for the
segment before settings 230 was modified (step 1006). Turn-
ing now to FIG. 4, illustrated therein is an exemplary process
of executing step 1006 in FIG. 2.

Communications module 210 informs calculation module
220 if settings 230 were changed during a burst or a gap (step
1006B). If settings 230 were changed during a burst, process
1006 continues to step 1006C; otherwise, process 1006 con-
tinues to step 1006E.

If settings 230 were changed during a burst, calculation
module 220 calculates the Iz, for the previous segment
(step 1006C), and calculation module 220 assigns the just
calculated 1,4, as the I, for the new settings 230 (step
1006D). Similarly, if settings 230 were changed during a gap,
calculation module 220 calculates the I, for the previous
segment (step 1006E), and calculation module 220 assigns
the just calculated 14, as the I, for the new settings 230
(step 1006F).

For example, if the VOIP calls transitions to the VSELP
codec, rather than use a prescribed I, for calculations involv-
ing the VSELP codec, such as 20, which is found in Appendix
Tof ITU-T G.113, the I, used for calculating VSELP commu-
nications is the final I for the previous codec (calculated in
step 1006C or step 1006E).

Similarly, if the bit rate for a VBR codec is amended, rather
than use the I, of the new bit rate for that codec, the I, utilized
is the final I for the previous bit rate for that codec (again,
calculated in step 1006C or step 1006E).

The call is terminated (step 1007), and the I, for the last
segment is calculated (step 1008). Subsequently, the quality
of the call is calculated, such as by using Equation #1 to
calculate an average Mean Opinion Score (MOS) for the
entire call. This will be a time-weighted average based on how
long (1) each segment lasts, (2) how long each transition
period lasted, and (3) how long each codec was active.

Turning to FIG. 5, illustrated therein is computing device
500 as may be used in the embodiment shown in FIG. 1.
Telephony device 110 may include computing device 500, for
example, but without limitation, if telephony device 110 is a
desktop computer, laptop, tablet, or other electronic system.
Similarly, server 120 may include computing device 500,
computing device 500 having bus 510, processor 520, 1/O
device 540, and memory 530, wherein memory 530 includes
database 535.
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The term “module”/“engine” is used herein to denote a
functional operation that may be embodied either as a stand-
alone component or as an integrated configuration of a plu-
rality of subordinate components. Thus, for example, moni-
toring engine 200 and calculation module 220 may be
implemented as a single module or as a plurality of modules
that operate in cooperation with one another. Moreover,
although monitoring engine 200 and calculation module 220
are described herein as being implemented as software, they
could be implemented in any of hardware (e.g. electronic
circuitry), firmware, software, or a combination thereof.

Memory 530 is a computer-readable medium encoded with
a computer program. Memory 530 stores data and instruc-
tions that are readable and executable by processor 520 for
controlling the operation of processor 520. Memory 530 may
be implemented in a random access memory (RAM), volatile
or non-volatile memory, solid state storage devices, magnetic
devices, a hard drive, a read only memory (ROM), or a com-
bination thereof.

Processor 520 is an electronic device configured of logic
circuitry that responds to and executes instructions. Processor
520 outputs results of an execution of the methods described
herein. Alternatively, processor 520 could direct the output to
a remote device (not shown) via network 50.

It is to be further appreciated that network 50 depicted in
FIG. 1 can include a local area network (LAN) and a wide
area network (WAN), but may also include other networks
such as a personal area network (PAN). Such networking
environments are commonplace in offices, enterprise-wide
computer networks, intranets, and the Internet. For instance,
when used in a LAN networking environment, the system 100
is connected to the LAN through a network interface or
adapter (not shown). When used in a WAN networking envi-
ronment, the computing system environment typically
includes a modem or other means for establishing communi-
cations over the WAN, such as the Internet. The modem,
which may be internal or external, may be connected to a
system bus via a user input interface, or via another appropri-
ate mechanism. In a networked environment, program mod-
ules depicted relative to the system 100, or portions thereof,
may be stored in a remote memory storage device such as
storage medium. It is to be appreciated that the illustrated
network connections of FIG. 1 are exemplary and other
means of establishing a communications link between mul-
tiple computers may be used.

It should be understood that computing devices 500 each
generally include at least one processor, at least one interface,
and at least one memory device coupled via buses. Comput-
ing devices 500 may be capable of being coupled together,
coupled to peripheral devices, and input/output devices.
Computing devices 500 are represented in the drawings as
standalone devices, but are not limited to such. Each can be
coupled to other devices in a distributed processing environ-
ment.

The techniques described herein are exemplary, and should
not be construed as implying any particular limitation on the
present disclosure. It should be understood that various alter-
natives, combinations and modifications could be devised by
those skilled in the art. For example, steps associated with the
processes described herein can be performed in any order,
unless otherwise specified or dictated by the steps them-
selves. The present disclosure is intended to embrace all such
alternatives, modifications and variances that fall within the
scope of the appended claims.

The terms “comprises” or “comprising” are to be inter-
preted as specifying the presence of the stated features, inte-
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gers, steps or components, but not precluding the presence of
one or more other features, integers, steps or components or
groups thereof.

Although the systems and methods of the subject invention
have been described with respect to the embodiments dis-
closed above, those skilled in the art will readily appreciate
that changes and modifications may be made thereto without
departing from the spirit and scope of the subject invention as
defined by the appended claims.

What is claimed is:

1. A computer implemented method for determining call
quality for a Voice Over IP (VOIP) communication after
occurrence of VOIP communication setting changes, the
method comprising the steps of:

obtaining one or more measurements from a VOIP com-

munication that is indicative of call quality;

detecting a change of one or more settings of the VOIP

communication during the VOIP communication and
subsequent to obtaining the one or more call quality
measurements, wherein the one or more settings of the
VOIP communications are changed in response to
changed network conditions;

determining a state of the VOIP communication during the

detected setting changes; and

determining call quality of the VOIP communication after

detection of the setting changes by utilizing at least one
of the one or more call quality measurements based on
the determined state of the VOIP communication,
wherein utilizing the at least one of the call quality
measurements comprises utilizing a first effective equip-
ment impairment factor (I,_.,) value of the VOIP com-
munication that was obtained prior to the changing of
one or more settings to determine a second I, svalue for
the VOIP communication occurring after the changing
of the one or more settings.

2. The computer implemented method of claim 1, wherein
the step of determining the VOIP call quality further com-
prises utilizing the first I, value of the VOIP communica-
tion obtained prior to the changing of one or more settings as
a base equipment impairment factor (I,) value for determin-
ing the second I, svalue for the VOIP communication occut-
ring after the changing of the one or more settings.

3. The computer implemented method of claim 2 wherein
the step of changing the one or more settings of the VOIP
communication comprises changing at least one of a codec
utilized for the VOIP communication and a bit rate of a
Variable Bit Rate (VBR) codec utilized for the VOIP com-
munication.

4. The computer implemented method of claim 3, wherein
the changed network conditions comprise a transition from a
burst to a gap, and wherein the method further comprises the
steps of:

determining a first 1 ;,,,.,, value for a segment prior to the

burst to gap transition; and

determi.n.ing an L, .gqpy value for the burst to a gap

transition.

5. The computer implemented method of claim 4, wherein
the changed network conditions comprise a transition from a
gap to a burst, and wherein the method further comprises the
steps of:

determining a second I;,,,., value for the segment prior to

the gap to burst transition; and

dete.:r.mining anl,. ... value for the gap to burst tran-

sition.

6. The computer implemented method of claim 5 wherein
the step of determining call quality of the VOIP communica-
tion utilizes a time-weighted average for each of the first and
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second calculated 1 ;,,,.,, values and the calculated I, . o)
and 1., ., values upon termination of the VOIP commu-
nication.

7. A non-transitory computer readable storage medium and
one or more computer programs embedded therein, the com-
puter programs comprising instructions, which when
executed by a computer system, cause the computer system
to:

obtain one or more measurements from a VOIP communi-

cation that is indicative of call quality;

detect a change of one or more settings of the VOIP com-

munication during the VOIP communication and subse-
quent to obtaining the one or more call quality measure-
ments, wherein the one or more settings of the VOIP
communications are changed in response to changed
network conditions;

determine a state of the VOIP communication during the

detected setting changes; and

determine call quality of the VOIP communication after

occurrence of the setting changes by utilizing at least
one of the one or more call quality measurements based
on the determined state of the VOIP communication,
wherein utilizing the at least one of the call quality
measurements comprises utilizing a first effective equip-
ment impairment factor (I,_.,) value of the VOIP com-
munication that was obtained prior to the changing of
one or more settings to determine a second I, _svalue for
the VOIP communication occurring after the changing
of'the one or more settings.

8. The non-transitory computer readable storage medium
of claim 7, wherein the step of determining the VOIP call
quality further comprises utilizing the first I, value of the
VOIP communication obtained prior to the changing of one
or more settings as a base equipment impairment factor (I,)
value for determining the second I, value for the VOIP
communication occurring after the changing of the one or
more settings.

9. The non-transitory computer readable storage medium
of claim 8 wherein the step of changing the one or more
settings of the VOIP communication comprises changing at
least one of a codec utilized for the VOIP communication and
a bit rate of a Variable Bit Rate (VBR) codec utilized for the
VOIP communication.

10. The non-transitory computer readable storage medium
of’claim 9, wherein the changed network conditions comprise
a transition from a burst to a gap, and wherein the method
further comprises the steps of:
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determining a first 1 ;,,,.,, value for a segment prior to the

burst to gap transition; and

determi.n.ing an L, .gqpy value for the burst to a gap

transition.

11. The non-transitory computer readable storage medium
of claim 10, wherein the changed network conditions com-
prise a transition from a gap to a burst, and wherein the
method further comprises the steps of:

determining a second 14,,,.,, value for the segment prior to

the gap to burst transition; and

determining an I, ;.. value for the gap to burst tran-

sition.

12. The non-transitory computer readable storage medium
of'claim 11 wherein the step of determining call quality of the
VOIP communication utilizes a time-weighted average for
each of the first and second calculated I,,,.,, values and the
calculated Iy, .o0py @0d I sy values upon termina-
tion of the VOIP communication.

13. A processor implemented method for determining call
quality for a Voice Over IP (VOIP) communication after
occurrence of VOIP communication setting changes, the
method comprising the steps of:

obtaining, on a telephony device with a processor, one or

more measurements from a VOIP communication that is
indicative of call quality;
detecting a change, on the telephony device, of one or more
settings of the VOIP communication during the VOIP
communication and subsequent to obtaining the one or
more call quality measurements, wherein the one or
more settings of the VOIP communications are changed
in response to changed network conditions;

determining a state of the VOIP communication during the
detected setting changes; and

determining, on the telephony device, call quality of the

VOIP communication after detection of the setting
changes by utilizing at least one of the one or more call
quality measurements based on the determined state of
the VOIP communication, wherein utilizing the at least
one of the call quality measurements comprises utilizing
a first effective equipment impairment factor (I,
value of the VOIP communication that was obtained
prior to the changing of one or more settings to deter-
mine a second I, - value for the VOIP communication
occurring after the changing of the one or more setting.
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